This invention relates to a method and apparatus for reproducing speech signals in which an input speech signal is divided into plural frames as units and encoded to find encoding parameters based on which at least sine waves are synthesized for reproducing the speech signal. The invention also relates to a method for transmitting modified encoding parameters obtained on interpolating the encoding parameters. An example for interpolation in a speech coding system is shown in WO 94/01860.
[0028] Figs.18A, 18B and 18C illustrate the operation of the speech signal transmission device.
[0029] Referring to the drawings, preferred embodiments of the method and the device for reproducing speech signals and the method for transmitting the speech signals according to the present invention will be explained in detail.
[0030] First, a device for reproducing speech signals, in which the method and apparatus for reproducing speech signals according to the present invention are applied, is explained. Fig.1 shows an arrangement of a speech signal reproducing device 1 in which input speech signals are split in terms of pre-set frames as units on the time axis and encoded on the frame basis to find encoding parameters. Based on these encoding parameters, the sine waves and the noise are synthesized to reproduce speech signals.
[0031] In particular, with the present speech signal reproducing device 1, the encoding parameters are interpolated to find modified encoding parameters associated with desired time points, and the sine waves and the noise are synthesized based upon these modified encoding parameters. Although the sine waves and the noise are synthesized based upon the modified encoding parameters, it is also possible to synthesize at least the sine waves.
[0032] Specifically, the audio signal reproducing device 1 includes an encoding unit 2 for splitting the speech signals entering an input terminal 10 into frames as units and for encoding the speech signals on the frame basis for outputting encoding parameters such as linear spectral pair (LSP) parameters, pitch, voiced (V)/unvoiced (UV) or spectral amplitudes Am. The audio signal reproducing device 1 also includes a calculating unit 3 for interpolating the encoding parameters for finding modified encoding parameters associated with desired time points, and a decoding unit 6 for synthesizing the sine waves and the noise based on the modified encoding parameters for outputting synthesized speech parameters at an output terminal 37. The encoding unit 2, calculating unit 3 for calculating the modified encoding parameters and the decoding unit 6 are controlled by a controller, not shown.
[0033] The calculating unit 3 for calculating the modified encoding parameters of the speech signal reproducing device 1 includes a period modification circuit 4 for compressing/expanding the time axis of the encoding parameters, obtained every pre-set frame, for modifying the output period of the encoding parameters, and an interpolation circuit 5 for interpolating the period-modified parameters for producing modified encoding parameters associated with the frame-based time points, as shown for example in Fig.2 . The calculating unit 3 for calculating the modified encoding parameters will be explained subsequently.
[0034] First, the encoding unit 2 is explained. The encoding unit 2 and the decoding unit 6 represent the short-term prediction residuals, for example, linear prediction coding (LPC) residuals, in terms of harmonic coding and the noise. Alternatively, the encoding unit 3 and the decoding unit 6 carries out multi-band excitation (MBE) coding or multi-band excitation (MBE) analyses.
[0035] With the conventional code excited linear prediction (CELP) coding, the LPC residuals are directly vectorquantized as time waveform. Since the encoding unit 2 encodes the residuals with harmonics coding or MBE analyses, a smoother synthetic waveform can be obtained on vector quantization of the amplitudes of the spectral envelope of the harmonics with a smaller number of bits, while a filter output of the synthesized LPC waveform is also of a highly agreeable sound quality. Meanwhile, the amplitudes of the spectral envelope are quantized using the technique of dimensional conversion or data number conversion proposed by the present inventors in JP Patent Kokai Publication JP-A-6-51800. That is, the amplitudes of the spectral envelope are vector-quantized with a pre-set number of vector dimensions.
[0036] Fig.3 shows an illustrative arrangement of the encoding unit 2. The speech signals supplied to an input terminal 10 are freed of signals of an unneeded frequency range by a filter 11 and subsequently routed to a linear prediction coding (LPC) analysis circuit 12 and a back-filtering circuit 21. 
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[0037] The LPC analysis circuit 12 applies a Hamming window to the input signal waveform, with a length thereof on the order of 256 samples as a block, in order to find linear prediction coefficients, that is so-called α-parameters, by the auto-correlation method. The framing interval as a data outputting unit is on the order of 160 samples. If the sampling frequency fs is e.g., 8 kHz, the framing interval of 160 samples corresponds to 20 msec.
[0038] The α-parameter from the LPC analysis circuit 12 is sent to an α-to-LSP conversion circuit 13 so as to be converted into linear spectral pair (LSP) parameters. That is, the α-parameters, found as direct type filter coefficients, are converted into e.g., ten, that is five pairs of, LSP parameters. This conversion is carried out using e.g., the NewtonRaphson method. The reason the α-parameters are converted into the LSP parameters is that the LSP parameters are superior to α-parameters in interpolation characteristics.
[0039] The LSP parameters from the α to LSP converting circuit 13 are vector-quantized by a LSP vector quantizer 14. The interframe difference may be found at this time before proceeding to vector quantization. Alternatively, plural frames may be collected and quantized by matrix quantization. For quantization, the LSP parameters, calculated every 20 msecs, are vector-quantized, with 20 msecs being one frame.
[0040] The quantized output from the LSP vector quantizer 14, that is indices of the LSP vector quantization, are taken out at a terminal 15. The quantized LSP vectors are routed to a LSP interpolation circuit 16.
[0041] The LSP interpolation circuit 16 interpolates the LSP vectors, vector-quantized every 20 msecs, for providing an eight-fold rate. That is, the LSP vectors are configured for being updated every 2.5 msecs. The reason is that, if the residual waveform is processed with analysis/synthesis by the MBE encoding/decoding method, the envelope of the synthesized waveform presents an extremely smooth waveform, so that, if the LPC coefficients are acutely changed every 20 msecs, peculiar sounds tend to be produced. These peculiar sounds may be prohibited from being produced if the LPC coefficients are gradually changed every 2.5 msecs.
[0042] For back-filtering the input speech using the LSP vectors at the interval of 2.5 msecs, thus interpolated, the LSP parameters are converted by a LSP-to-α converting circuit 17 into α-parameters which are coefficients of a direct type filter of e.g., ten orders. An output of the LSP-to-α converting circuit 17 is routed to the back-filtering circuit 21 so as to be back-filtered with the α-parameter updated at an interval of 2.5 msecs for producing a smooth output. An output of the back-filtering circuit 21 is routed to a harmonics/noise encoding circuit 22, specifically a multi-band excitation (MBE) analysis circuit.
[0043] The harmonics/noise encoding circuit (MBE analysis circuit) 22 analyzes the output of the back-filtering circuit 21 by a method similar to that of the MBE analysis. That is, the harmonics/noise encoding circuit 22 detects the pitch and calculates the amplitude Am of each harmonics. The harmonics/noise encoding circuit 22 also performs voiced (V)/unvoiced (UV) discrimination and converts the number of amplitudes Am of harmonics, which is changed with the pitch, to a constant number by dimensional conversion. For pitch detection, the auto-correlation of the input LPC residuals, as later explained, is employed.
[0044] Referring to Fig.4 , an illustrative example of an analysis circuit of multi-band excitation (MBE) coding, as the harmonics/noise encoding circuit 22, is explained in detail.
[0045] With the MBE analysis circuit, shown in Fig.4 , modelling is designed on the assumption that there exist a voiced portion and an unvoiced portion in a frequency band of the same time point, that is of the same block or frame.
[0046] The LPC residuals or the residuals of the linear predictive coding (LPC) from the back-filtering circuit 21 are fed to an input terminal 111 of Fig.4 . Thus the MBE analysis circuit performs MBE analysis and encoding on the input LPC residuals.
[0047] The LPC residual, entering the input terminal 111, is sent to a pitch extraction unit 113, a windowing unit 114 and a sub-block power calculating unit 126 as later explained.
[0048] Since the input to the pitch extraction unit 113 is the LPC residuals, pitch detection can be performed by detecting the maximum value of auto-correlation of the residuals. The pitch extraction unit 113 performs pitch search by open-loop search. The extracted pitch data is routed to a fine pitch search unit 116 where a fine pitch search is performed by closed-loop pitch search.
[0049] The windowing unit 114 applies a pre-set windowing function, for example, a Hamming window, to each Nsample block, for sequentially moving the windowed block along the time axis at an interval of an L-sample frame. A time-domain data string from the windowing unit 114 is processed by an orthogonal transform unit 115 with e.g., fast Fourier transform (FFT).
[0050] If the totality of bands in a block are found to be unvoiced (UV), the sub-block power calculating unit 126 extracts a characteristic quantity representing an envelope of the time waveform of the unvoiced sound signal of the block.
[0051] The fine pitch search unit 116 is fed with rough pitch data of integer numbers, extracted by the pitch extraction unit 113, and with frequency-domain data produced by FFT by the orthogonal transform unit 115. The fine pitch search unit 116 effects wobbling by ±several samples at an interval of 0.2 to 0.5 about the rough pitch data value as the center for driving to a fine pitch data with an optimum decimal point (floating). The fine search technique employs analysis by synthesis method and selects the pitch which will give the power spectrum on synthesis which is closest to the power [0052] That is, a number of pitch values above and below the rough pitch found by the pitch extraction unit 113 as the center are provided at an interval of e.g., 0.25. For these pitch values, which differ minutely from one another, a sum of errors Σʦ m is found. In this case, if the pitch is set, the bandwidth is set, so that, using the power spectrum on the frequency-domain data and the excitation signal spectrum, the error ʦ m is found. Thus the error sum Σʦ m for the totality of bands may be found. This error sum Σʦ m is found for every pitch value and the pitch corresponding to the minimum error sum is selected as being an optimum pitch. Thus the optimum fine pitch, with an interval of e.g., 0.25, is found by the fine pitch search unit, and the amplitude |A m | for the optimum pitch is determined. The amplitude value is calculated by an amplitude evaluation unit 118V for the voiced sound.
[0053] In the above explanation of the fine pitch search, the totality of bands are assumed to be voiced. However, since a model used in the MBE analysis/synthesis system is such a model in which an unvoiced region is present on the frequency axis at the same time point, it becomes necessary to effect voiced/unvoiced discrimination from band to band.
[0054] The optimum pitch from the fine pitch search unit 116 and data of the amplitude |A m | from the amplitude evaluation unit for voiced sound 118V are fed to a voiced/unvoiced discriminating unit 117 where discrimination between the voiced sound and the unvoiced sound is carried out from band to band. For this discrimination, a noise to signal ratio (NSR) is employed.
[0055] Meanwhile, since the number of bands split based upon the fundamental pitch frequency, that is the number of harmonics, is fluctuated in a range of from about 8 to 63, depending upon the pitch of the sound, the number of V/ U flags in each band is similarly fluctuated from band to band. Thus, in the present embodiment, the results of the V/ U discrimination are grouped or degraded for each of a pre-set number of bands of fixed bandwidth. Specifically, the pre-set frequency range of e.g., 0 to 4000 Hz, inclusive of the audible range, is split into N B bands, such as 12 bands, and a weighted mean value of the NSR values of each band is discriminated with a pre-set threshold value Th 2 for judging the V/UV from band to band.
[0056] The amplitude evaluation unit 118U for unvoiced sound is fed with frequency-domain data from the orthogonal transform unit 115, fine pitch data from the pitch search unit 116, amplitude |A m | data from the amplitude evaluation unit for voiced sound 118V and with voiced/unvoiced (V/UV) discrimination data from the voiced/unvoiced discriminating unit 117. The amplitude evaluation unit 118U for unvoiced sound again finds the amplitude for a band found to be unvoiced (UV) by voiced/unvoiced discriminating unit 117 by way of effecting amplitude reevaluation. The amplitude evaluation unit 118U for unvoiced sound directly outputs the input value from the amplitude evaluation unit for voiced sound 118V for a band found to be voiced (V).
[0057] The data from the amplitude evaluation unit 118U for unvoiced sound is fed to a data number conversion unit 119, which is a sort of a sampling rate converter. The data number conversion unit 119 is used for rendering the number of data constant in consideration that the number of bands split from the frequency spectrum and the number of data, above all the number of amplitude data, differ with the pitch. That is, if the effective frequency range is up to e.g., 3400 kHz, this effective frequency range is split into 8 to 63 bands, depending on the pitch, so that the number of data m MX +1 of the amplitude data |A m |, including the amplitude |A m | UV of the UV band, is changed in a range of from 8 to 63. Thus the number of data conversion unit 119 converts the amplitude data with the variable number of data of m MX + 1 into a constant number of data M, such as 44.
[0058] The number of data conversion unit 119 appends to the amplitude data corresponding to one effective block on the frequency axis such dummy data which will interpolate values from the last data in a block to the first data in the block for enlarging the number of data to N F . The number of data converting unit 119 then performs bandwidth limiting type oversampling with an oversampling ratio of O S , such as 8, for finding an O S -fold number of amplitude data. This O S -fold number ((m MX + 1) ϫ O S ) of the amplitude data is linearly interpolated to produce a still larger number N M of data, such as 2048 data. The N M number of data is decimated for conversion to the pre-set constant number M, such as 44 data.
[0059] The data (amplitude data with the pre-set constant number M) from the number of data conversion unit 119 is sent to the vector quantizer 23 to provide a vector having the M number of data, or is assembled into a vector having a pre-set number of data, for vector quantization.
[0060] The pitch data from the fine pitch search unit 116 is sent via a fixed terminal a of a changeover switch 27 to an output terminal 28. This technique, disclosed in our JP Patent Application No. 5-185325 (1993) , consists in switching from the information representing a characteristic value representing the time waveform of unvoiced signal to the pitch information if the totality of the bands in the block are unvoiced (UV) and hence the pitch information becomes unnecessary.
[0061] These data are obtained by processing data of the N-number of, such as 256, samples. Since the block advances on the time axis in terms of the above-mentioned L-sample frame as a unit, the transmitted data is obtained on the frame basis. That is, the pitch data, V/U discrimination data and the amplitude data are updated on the frame period. As the V/UV discrimination data from the V/UV discrimination unit 117, it is possible to use data the number of bands of which has been reduced or degraded to 12, or to use data specifying one or more position(s) of demarcation between the voiced (V) and unvoiced (UV) regions in the entire frequency range. Alternatively, the totality of the bands may be represented by one of V and UV, or V/UV discrimination may be performed on the frame basis.
[0062] If a block in its entirety is found to be unvoiced (UV), one block of e.g., 256 samples may be subdivided into plural subblocks each consisting e.g., of 32 samples, which are transmitted to the sub-block power calculating unit 126.
[0063] The sub-block power calculating unit 126 calculates the proportion or ratio of the mean power or the root mean square value (RMS value) of the totality of samples in a block, such as 256 samples, to the mean power or the root mean square value (RMS value) of each sample in each sub-block.
[0064] That is, the mean power of e.g., the k'th sub-block and the mean power of one entire block are found, and the square root of the ratio of the mean power of the entire block to the mean power p(k) of the k'th sub-block is calculated.
[0065] The square root value thus found is deemed to be a vector of a pre-set dimension in order to perform vector quantization in a vector quantizer 127 arranged next to the sub-bloc power calculating unit.
[0066] The vector quantizer 127 effects 8-dimensional 8-bit straight vector quantization (codebook size of 256). An output index UV-E for this vector quantization, that is the code of a representative vector, is sent to a fixed terminal b of the changeover switch 27. The fixed terminal a of the changeover switch 27 is fed with pitch data from the fine pitch search unit 116, while an output of the changeover switch 27 is fed to the output terminal 28.
[0067] The changeover switch 27 has its switching controlled by a discrimination output signal from the voiced/ unvoiced discrimination unit 117, such that a movable contact of the switch 27 is set to the fixed terminals a and b when at least one of the bands in the block is found to be voiced (V) and when the totality of the bands are found to be voiced, respectively.
[0068] Thus the vector quantization outputs of the sub-block-based normalized RMS values are transmitted by being inserted into a slot inherently used for transmitting the pitch information. That is, if the totality of the bands in the block are found to be unvoiced (UV), the pitch information is unnecessary, so that, if and only if the V/UV discrimination flags from the V/UV discrimination unit 117 are found to be UV in their entirety, the vector quantization output index UV_E is transmitted in place of the pitch information.
[0069] Reverting to Fig.3 , weighted vector quantization of the spectral envelope (Am) in the vector quantizer 23 is explained.
[0070] The vector quantizer 23 is of a 2-stage L-dimensional, such as 44-dimensional configuration.
[0071] That is, the sum of output vectors from the vector quantization codebook, which is 44-dimensional and has a codebook size of 32, is multiplied by a gain g i , and the resulting product is employed as a quantized value of the 44-dimensional spectral envelope vector x. Referring to Fig.5 , CBO, CB1 denote two shape codebooks, output vectors of which are s 0i and s 1j , respectively, where 0 ≤ i and j ≤ 31. An output of the gain codebook CBg is g i , which is scalar value, where 0 ≤ 1 ≤ 31. The ultimate output becomes g i (s 0i + s 1j ).
[0072] The spectral envelope Am, obtained on MBE analyses of the LPC residuals, and converted to a pre-set dimension, is set to x. It is crucial how to efficiently quantize x.
[0073] A quantization error energy E is defined as where H and W respectively stand for characteristics on the frequency axis of the LPC synthesizing filter and a matrix for weighting representing characteristics of the auditory sense weighting on the frequency axis.
[0074] The quantization error energy is found by sampling corresponding L-dimensional, such as 44-dimensional, points from the frequency characteristics of where α 1 , with 1 ≤ i ≤ P, denotes α-parameters obtained by analyzing the LPC of the current frame.
[0075] For calculation, 0s are stuffed next to 1, α 1 , α 2 , ..., α p , to give 1, α 1 , α 2 , ..., α p , 0, 0, ..., 0 to provide e.g. -point data. Then, 256-point FFT is executed and the values of (r e 2 + I m 2 ) 1/2 are calculated for points corresponding to 0 ϳ π. Next, the reciprocals of the calculated values of (r e 2 + I m 2 ) 1/2 are found and decimated to e.g., 44 points. A matrix whose diagonal elements correspond to these reciprocals is given as
[0076] The auditory sense weighting matrix W is given as where α i is the result of LPC analysis of an input and λa, λb are constants, such that, by way of examples, λa=0.4 and λb=0.9.
[0077] The matrix W may be found from the frequency characteristics of the equation ( [0079] The frequency characteristics are found by the following method for corresponding points of e.g. 44-dimensional vector. Although linear interpolation needs to be used for more accurate results, the values of the closest points are used in substitution in the following example.
[0080] That is, where 1 ≤ i ≤ L and nint(x) is a function which returns an integer closest to x.
[0081] As for H, h(1), h(2), ..., h(L) are found by the similar method. That is, [0086] This is found for each of corresponding points of the L-dimensional vector. If the number of points of the FFT is small, linear interpolation should be used. However, the closest values are herein used. That is, [0087] A matrix W' having these closest values as diagonal elements is given as
[0088] The above equation (6) is the same matrix as the equation (4).
[0089] Using this matrix, that is the frequency characteristics of the weighted synthesis filter, the equation (1) is rewritten to
The method of learning the shape codebook and the gain codebook is explained.
[0090] First, for all frames which select the code vector s 0c concerning CBO, the expected value of the distortion is minimized. If there are M such frames, it suffices to minimize
[0091] In this equation (8), W' k , x k , g k and s ik denote the weight to the k'th frame, an input to the k'th frame, the gain of the k'th frame and an output of the codebook CB1 for the k'th frame, respectively.
[0092] For minimizing the equation (8) 
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[0096] The above equations give an optimum centroid condition for the shape s 0i , s 1i and the gain g i , where 0 ≤ i ≤ 31, that is an optimum decoding output. The optimum decoding output may similarly be found for s 1i as in the case for s 0i .
[0097] Next, the optimum encoding condition (nearest neighbor condition) is considered.
[0098] The shape s 0i , s 1i which minimize the equation (7) for the measure of the distortion, that is E = ʈW'(x -g 1 (s 0i + s 1j ))ʈ 2 , are determined each time an input x and the weight matrix W' are given, that is for each frame.
[0099] Inherently, E is to be found for all combinations of g 1 (0 ≤ 1 ≤ 31), s 0i (0 ≤ i ≤ 31) and s 1j (0 ≤ j ≤ 31), that is 32ϫ32ϫ32 combinations, in a round robin fashion, in order to find a set of g 1 , s 0i , s ij which will give the least value of E. However, since this leads to a voluminous amount of the arithmetic operations, the encoding unit 2 performs a sequential search for the shape and the gain. The round robin search should be executed for 32ϫ32=1024 combination of s 0i , s 1i . In the following explanation, s 0i +s 1i is written as s m for simplicity.
[0100] The above equation may be written to E=ʈW' (x -g 1 s m )ʈ 2 . For further simplification, by setting x w = W'x and s w = W's m , we obtain
[0101] Thus, assuming that sufficient precision for g 1 is assured, search can be carried out in two steps of (1) [0102] If the above equations are rewritten using the original representation, search van be carried out in two steps of (1)' search for a set of s 0i , s 1j which maximizes and (2)' search for g i closest to
[0103] The equation (15) gives the optimum encoding condition (nearest neighbor condition).
[0104] Using the centroid condition of the equations (11) and (12), and the condition of the equation (15), the codebooks CB0, CB1 and CBg may be trained simultaneously by the generalized Lloyd algorithm (GLA).
[0105] Referring to Fig.3 , the vector quantizer 23 is connected via changeover switch 24 to the codebook for voiced sound 25V and to the codebook for unvoiced sound 25U. By controlling the switching of the changeover switch 24 in dependence upon the V/UV discrimination output from the harmonics noise encoding circuit 22, vector quantization is carried out for the voiced sound and for the unvoiced sound using the codebook for voiced sound 25V and the codebook for unvoiced sound 25U, respectively.
[0106] The reason the codebooks are switched in dependence upon a judgment as to the voiced sound (V)/ unvoiced sound (UV) is that, since weighted averaging of W' k and g 1 is carried out: in calculating new centroids according to the equations (11), (12), it is not desirable to average W' k and g 1 which are significantly different in values.
[0107] Meanwhile, the encoding unit 2 employs W' divided by the norm of the input x. That is, W'/ʈxʈ is substituted for W' in advance in the processing of the equations (11), (12) and (15).
[0108] When switching between the two codebooks in dependence upon V/UV discrimination, training data is distributed in a similar manner for preparing the codebook for the voiced sound and the codebook for the unvoiced sound from the respective training data.
[0109] For decreasing the number of bits of V/UV, the encoding unit 2 employs single-band excitation (SBE) and deems a given frame to be a voiced (V) frame and an unvoiced (UV) frame if the ratio of V exceeds 50% and otherwise, respectively.
[0110] Figs.6 and 7 show the mean values W'/ʈxʈ of the input x and the mean value of the weight for the voiced sound, for the unvoiced sound and for the combination of the voiced and unvoiced sounds, that is without regard to the distinction between the voiced and unvoiced sounds.
[0111] It is seen from Fig.6 that the energy distribution of x itself on the frequency axis is not vitally different with V and UV although the mean value of the gain (ʈxʈ) is vitally different between U and UV. However, it is apparent from Fig.7 that the shape of the weight differs between V and UV and the weight is such a weight which increases bit assignment for the low range for V than for UV. This accounts for feasibility of formulation of a codebook of higher performance by separate training for V and UV.
[0112] Fig.8 shows the manner of training for three examples, that is for voiced sound (V), unvoiced sound (UV) and 
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for the voiced and unvoiced sounds combined together. That is, curves a, b and c in Fig.8 stand for the manner of training for V only, for UV only and for V and UV combined together, with the terminal values of the curves a, b and c being 3.72, 7.011 and 6.25, respectively.
[0113] It is seen from Fig.8 that separation of training of the codebook for V and that for UV leads to a decreased expected value of output distortion. Although the state of the expected value is slightly worsened with the curve b for UV only, the expected value is improved on the whole since the domain for V is longer than that for UV. By way of an example of frequency of occurrence of V and UV, measured values of the domain lengths for V only and for UV only are 0.538 and 0.462 for the training data length of 1. Thus, from the terminal values of the curves a and b of Fig.8 , the expected value of the total distortion is given by which represents an improvement of approximately 0.76 dB as compared to the expected value of distortion of 6.25 for training for V and UV combined together.
[0114] Judging from the manner of training, the improvement in the expected value is on the order of 0.76 dB. However, it has been found that, if the speech samples of four male panelists and four female panelists outside the training set are processed for finding the SN ratio (SNR) for a case in which quantization is not performed, separation into V and UV leads to improvement in the segmental SNR on the order of 1.3 dB. The reason therefor is presumably that the ratio of V is significantly higher than that for UV.
[0115] It is noted that, while the weight W' employed for auditory sense weighting for vector quantization by the vector quantizer 23 is as defined by the above equation (6), the weight W' taking into account the temporal masking may be found by finding the current weight W' taking the past W' into account.
[0116] As for wh(1), wh (2), ..., wh(L) in the above equation (6), those calculated at time n, that is for the n'th frame, are denoted as wh n (1), wh n (2), ..., wh n (L).
[0117] The weight taking into account the past value at time n is defined as A n (i), where 1 ≤ i ≤ L. Then where λ may be set so that, for example, λ=0.2. A n (i), where 1 ≤ i ≤ L, may be used as diagonal elements of a matrix, which is used as the above weight.
[0118] Returning to Fig.1 , the calculating unit for modified encoding parameters 3 is explained. The speech signal reproducing device 1 modifies the encoding parameters, outputted from the encoding unit 2, in speed, by the calculating unit for modified encoding parameters 3, for calculating the modified encoding parameters, and decodes the modified encoding parameters by the decoding unit 6 for reproducing the solid-recorded contents at a speed twice the real-time speed. Since the pitch and the phoneme remain unchanged despite a higher playback speed, the recorded contents can be heard even if the recorded contents are reproduced at an elevated speed.
[0119] Since the encoding parameters are modified in speed, the calculating unit for modified encoding parameters 3 is not in need of processing following decoding and outputting and is able to readily cope with different fixed rates with the similar algorithm.
[0120] Referring to the flowcharts of Figs.9 and 11, the operation of the modified encoding parameter calculating unit 3 of the speech signal reproducing device 1 is explained in detail. The modified encoding parameter calculating unit 3 is made up of the period modification circuit 4 and the interpolation circuit 5, as explained with reference to Fig.2. [0121] First, at step S1 of Fig.9 , where l denotes the number of harmonics, i denotes the number of order of LSP, and n and m correspond to frame numbers corresponding in turn to the index of the time axis before and after time axis transformation, respectively. Meanwhile, 0 ≤ n < N 1 and 0 ≤ m < N 2 , with n and m each being a frame index with the frame interval being e.g., 20 msec.
[0122] As described above, l denotes the number of harmonics. The above setting may be performed after restoring the number of harmonics to a m [n] [l] corresponding to the real number of harmonics, or may also be executed in the state of a m [n] [l] (l=0ϳ43). That is, the data of number conversion may be carried out before or after decoding by the decoder.
[0123] At step S2, the period modification circuit 4 sets the number of frames corresponding to the original time 
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length to N 1 , while setting the number of frames corresponding to the post-change time length to N 2 . Then, at step S3, the period modification circuit 4 time-axis compresses the speech of N 1 to the speed of N 2 . That is, a ratio of time-axis compression spd by the period modification circuit 4 is found as N 2 /N 1 .
[0124] Then, at step S4, the interpolation circuit 5 sets m corresponding to the frame number corresponding in turn to the time-axis index after time-axis transformation to 2.
[0125] Then, at step S5, the interpolation circuit 5 finds two frames f r0 and f r1 and the differences 'left and 'right' between the two frames f r0 and f r1 and m/spd. If the encoding parameters P ch , vu v , a m and l sp are denoted as *, mod_ *[m] may be expressed by the general formula where 0 ≤ m < N 2 . However, since m/spd is not an integer, the modified encoding parameter for m/spd is produced by interpolation from the two frames of f r0 = Lm/spd and f r1 = f 0 + 1. It is noted that, between the frame f r0 , m/spd and the frame f r1 , the relation as shown in Fig.10 , that is the relation:
holds.
[0126] The encoding parameter for m/spd in Fig. 10 , that is the modified encoding parameter, is produced by interpolation as shown at step S6. The modified encoding parameter may be simply found by linear interpolation as
[0127] However, if, with the interpolation between the f r0 and f r1 , these two frames differ as to V/UV, that is if one of the two frames is V and the other UV, the above general formula cannot be applied. Therefore, the interpolation circuit 5 modifies the manner of finding the encoding parameters in connection with the voiced and unvoiced characteristics of these two frames f r0 and f r1 , as indicated in step S11 ff. of Fig.11 .
[0128] It is first judged as to whether or not the two frames f r0 and f r1 are voiced (V) or unvoiced (UV). If it is found that both the frames f r0 and f r1 are voiced (V), the program transfers to step S12 where all parameters are linearly interpolated and the modified encoding parameters are represented as:
where 0 ≤ 1 < L. It is noted that L denotes the maximum possible number that can be taken as harmonics, and that '0' is stuffed in a m [n] [l] where there is no harmonics. If the number of harmonics differs between the frames f r0 and f r1 , the value of the counterpart harmonics is assumed to be zero in carrying out interpolation. If before passage through the number of data conversion unit, the number of L may be fixed, such as at L=43, with 0 ≤ 1 < L.
[0129] In addition, the modified encoded parameters are also represented as:
where 0 ≤ i < I and I denotes the number of orders of LSP and is usually 10; and 
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[0131] If it is judged at step S11 that none of the two frames f r0 and f r1 is voiced (V), a judgment similar to that given at step S13, that is the judgment as to whether or not both the frames f r0 and f r1 are unvoiced (UV), is given. If the result of judgment is YES, that is if both the two frames are unvoiced (UV), the interpolation circuit 5 sets P ch to a fixed value, and finds a m and 1 sp by linear interpolation as follows:
for fixing the value of pitch to a fixed value, such as a maximum value, for the unvoiced sound, by e.g., MaxPitch=148;
where 0 ≤ l < MaxPitch;
where 0 ≤ i < I; and
[0132] If both of the two frames f r0 and f r1 are not unvoiced, the program transfers to step S15 where it is judged whether the frame f r0 is voiced (V) and the frame f r1 is unvoiced (UV). If the result of judgment is YES, that is if the frame f r0 is voiced (V) and the frame f r1 is unvoiced (UV), the program transfers to step S16. If the result of judgment is NO, that is if the frame f r0 is unvoiced (UV) and the frame f r1 is voiced (V), the program transfers to step S17.
[0133] The processing of step S16 ff. refers to the cases wherein the two frames f r0 and f r1 differ as to V/UV, that is, wherein one of the frames is voiced and the other unvoiced. This takes into account the fact that parameter interpolation between the two frames f r0 and f r1 differing as to V/UV is of no significance. In such case, the parameter value of a frame closer to the time m/spd is employed without performing interpolation.
[0134] If the frame f r0 is voiced (V) and the frame f r1 unvoiced (UV), the program transfers to step S16 where the sizes of 'left' (= m/spd -f r0 ) and 'right' (= f r1 -m/spd) shown in Fig.10 are compared to each other. This enables a judgment to be given as to which of the frames f r0 and f r1 is closer to m/spd. The modified encoding parameters are calculated using the values of the parameters of the frame closer to m/spd.
[0135] If the result of judgment at step S16 is YES, it is 'right' that is larger and hence it is the frame f r1 that is further from m/spd. Thus the modified encoding parameters are found at step S18 using the parameters of the frame f r0 closer to m/spd as follows:
[0136] If the result of judgment at step S16 is NO, left ≥ right, and hence the frame f r1 is closer to m/spd, so the program transfers to step S19 where the pitch is maximized in value and, using the parameters for the frame f r1 , the modified encoding parameters are set so that [0137] Then, at step S17, responsive to the judgment at step S15 that the two frames f r0 and f r1 are unvoiced (UV) and voiced (V), respectively, a judgment is given in a manner similar to that of step S16. That is, in this case, interpolation is not performed and the parameter value of the frame closer to the time m/spd is used.
[0138] If the result of judgment at step S17 is YES, the pitch is maximized in value at step S20 and, using the parameters for the closer frame f r0 for the remaining parameters, the modified encoding parameters are set so that (where 0 ≤ l < MaxPitch) (where 0 ≤ i < I)
[0139] If the result of judgment at step S17 is NO, since left ≥ right, and hence the frame f r1 is closer to m/spd, the program transfers to step S21 where, with the aid of the parameters for the frame f r1 , the modified encoding parameters are set so that 
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[0140] In this manner, the interpolation circuit 5 performs different interpolating operations at step S6 of Fig.9 depending upon the relation of the voiced (V) and unvoiced (UV) characteristics between the two frames f r0 and f r1 . After termination of the interpolating operation at step S6, the program transfers to step S7 where m is incremented. The operating steps of the steps S5 and S6 are repeated until the value of m becomes equal to N 2 .
[0141] In addition, the sequence of the short-term rms for the UV portions is usually employed for noise gain control. However, this parameter is herein set to 1.
[0142] The operation of the modified encoding parameter calculating unit 3 is schematically shown in Fig.12 . The model of the encoding parameters extracted every 20 msecs by the encoding unit 2 is shown at A in Fig.12 . The period modification circuit 4 of the modified encoding parameter calculating unit 3 sets the period to 15 msecs and effect compression along time axis, as shown at b in Fig.12 . The modified encoding parameters shown at C in Fig.12 are calculated by the interpolating operation conforming to the V/UV states of the two frames f r0 and f r1 , as previously explained.
[0143] It is also possible for the modified encoding parameter calculating unit 3 to reverse the sequence in which the operations by the period modification circuit 4 and the interpolation circuit 5 are performed, that is to carry out interpolation of the encoding parameters shown at A in Fig.13 as shown at B in Fig.13 and to carry out compression for calculating the modified encoding parameters as shown at C in Fig.13 .
[0144] The modified encoding parameters from the modified encoding parameter calculating circuit 3 are fed to the decoding circuit 6 shown in Fig.1 . The decoding circuit 6 synthesizes the sine waves and the noise based upon the modified encoding parameters and outputs the synthesized sound at the output terminal 37.
[0145] The decoding unit 6 is explained by referring to Figs.14 and 15. It is assumed for explanation sake that the parameters supplied to the decoding unit 6 are usual encoding parameters.
[0146] Referring to Fig.14 , a vector-quantized output of the LSP, corresponding to the output of the terminal 15 of Fig.3 , that is the so-called index, is supplied to a terminal 31.
[0147] This input signal is supplied to an inverse LSP vector quantizer 32 for inverse vector quantization to produce line spectral pair (LSP) data which is then supplied to an LSP interpolation circuit 33 for LSP interpolation. The resulting interpolated data is converted by an LSP to a conversion circuit 32 into α-parameters of the linear prediction codes (LPC). These α-parameters are fed to a synthesis filter 35.
[0148] To a terminal 41 of Fig.14 , there is supplied index data for weighted vector quantized code word of the spectral envelope (Am) corresponding to the output at a terminal 26 of the encoder shown in Fig.3 . To a terminal 43, there are supplied the pitch information from the terminal 28 of Fig.3 and data indicating the characteristic quantity of the time waveform within a UV block, whereas, to a terminal 46, there is supplied the V/UV discrimination data from a terminal 29 of Fig.3 .
[0149] The vector-quantized data of the amplitude Am from the terminal 41 is fed to an inverse vector dequantizer 42 for inverse vector quantization. The resulting spectral envelope data are sent to a harmonics/ noise synthesis circuit or a multi-band excitation (MBE) synthesis circuit 45. The synthesis circuit 45 is fed with data from a terminal 43, which is switched by a changeover switch 44 between the pitch data and data indicating a characteristic value of the waveform for the UV frame in dependence upon the V/UV discrimination data. The synthesis circuit 45 is also fed with V/UV discrimination data from the terminal 46.
[0150] The arrangement of the MBE synthesis circuit, as an illustrative arrangement of the synthesis circuit 45, will be subsequently explained by referring to Fig.15 .
[0151] From the synthesis circuit 45 are taken out LPC residual data corresponding to an output of the inverse filtering circuit 21 of Fig.3 . The residual data thus taken out is sent to the synthesis circuit 35 where LPC synthesis is carried out to produce time waveform data which is filtered by a post-filter 36 so that reproduced time-domain waveform signals are taken out at the output terminal 37.
[0152] An illustrative example of an MBE synthesis circuit, as an example of the synthesis circuit 45, is explained by referring to Fig.15 .
[0153] Referring to Fig.15 , spectral envelope data from the inverse vector quantizer 42 of Fig.14 , in effect the spectral envelope data of the LPC residuals, are supplied to the input terminal 131. Data fed to the terminals 43, 46 are the same as those shown in Fig.14 . The data supplied to the terminal 43 are selected by the changeover switch 44 so that pitch data and data indicating characteristic quantity of the UV waveform are fed to a voiced sound synthesizing unit 137 and to an inverse vector quantizer 152, respectively.
[0154] The spectral amplitude data of the LPC residuals from the terminal 131 are fed to a number of data backconversion circuit 136 for back inversion. The number of data back-inversion circuit 136 performs back conversion which is the reverse of the conversion performed by the number of data conversion unit 119. The resulting amplitude data is fed to the voiced sound synthesis unit 137 and to an unvoiced sound synthesis unit 138. The pitch data obtained from the terminal 43 via a fixed terminal a of the changeover switch 44 is fed to the synthesis units 137, 138. The V/ UV discrimination data from the terminal 46 are also fed to the synthesis units 137, 138. 
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sine wave synthesis, while the unvoiced sound synthesis unit 138 filters e.g., the white noise by a band-pass filter to synthesize a time-domain non-voiced waveform. The voiced waveform and the non-voiced waveform are summed together by an adder 141 so as to be taken out at an output terminal 142.
[0156] If the V/UV code is transmitted as the V/UV discrimination data, the entire bands can be divided at a sole demarcation point into a voiced (V) region and an unvoiced (UV) region and band-based V/UV discrimination data may be obtained based on this demarcation point. If the bands are degraded on the analysis (encoder) side to a constant number of, e.g., 12 bands, this degradation may be canceled for providing a varying number of bands with a bandwidth corresponding to the original pitch.
[0157] The operation of synthesizing the unvoiced sound by the unvoiced sound synthesis unit 138 is explained.
[0158] The time-domain white-noise signal waveform from a white noise generator 143 is sent to a windowing unit 144 for windowing by a suitable windowing function, such as a Hamming window, with a pre-set length of e.g., 256 samples. The windowed signal waveform is then sent to a short-term Fourier transform (STFT) circuit 145 for STFT for producing the frequency-domain power spectrum of the white noise. The power spectrum from the STFT unit 145 is sent to a band amplitude processing unit 146 where the bands deemed to be UV are multiplied with the amplitude |A m | UV while the bandwidth of other bands deemed to be V are set to 0. The band amplitude processing unit 146 is supplied with the amplitude data, pitch data and the V/UV discrimination data.
[0159] An output of the band amplitude processing unit 146 is sent to a ISTFT unit 147 where it is inverse STFTed, using the phase of the original white noise as the phase, for conversion into time-domain signals. An output of the ISTFT unit 147 is sent via a power distribution shaping unit 156 and a multiplier 157 as later explained to an overlapand-add unit 148 where overlap-and-add is iterated with suitable weighting on the time axis for enabling restoration of the original continuous waveform. In this manner, the continuous time-domain waveform is produced by synthesis. An output signal of the overlap-and-add unit 148 is sent to the adder 141.
[0160] If at least one of the bands in the block is voiced (V), the above-mentioned processing is carried out in the respective synthesis units 137, 138. If the entire bands in the block are found to be UV, the changeover switch 44 has its movable contact 44 set to a fixed terminal b so that the information on the time waveform of the unvoiced signal is sent in place of the pitch information to the inverse vector quantization unit 152.
[0161] That is, the vector dequantization unit 152 is fed with data corresponding to data from the vector quantization unit 127 of Fig.4 . This data is inverse vector quantized for deriving data for extracting the characteristic quantity of the unvoiced signal waveform.
[0162] An output of the ISTFT unit 147 has the time-domain energy distribution trimmed by a power distribution shaping unit 156 before being sent to a multiplier 157. The multiplier 157 multiplies the output of the ISTFT unit 147 with a signal derived from the vector dequantization unit 152 via a smoothing unit 153. The rapid gain changes which feel harsh may be suppressed by the smoothing unit 153.
[0163] The unvoiced sound signal thus synthesized is taken out at the unvoiced sound synthesis unit 138 and sent to the adder 141 where it is added to the signal from the voiced sound synthesis unit 137 so that the LDC residual signals as the MBE synthesized output is taken out at the output terminal 142.
[0164] These LPC residual signals are sent to the synthesis filter 35 of Fig.14 for producing an ultimate playback speech sound.
[0165] The speech signal reproducing device 1 causes the modified encoding parameter calculating unit 3 to calculate modified encoding parameters under control by a controller, not shown, and synthesizes the speech sound, which is the time-axis companded original speech signals, with the aid of the modified encoding parameters. [0169] By the above-described arrangement, shown in Fig.15 , the time axis companded original speech signals are synthesized, using the above modified encoding parameters, so as to be outputted at the output terminal 37. 
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[0171] If the time axis modification is carried out as described above, the instantaneous spectrum and the pitch remain unchanged, so that deterioration is scarcely produced despite significant modification in a range of from 0.5 ≤ spd ≤ 2.
[0172] With this system, since the ultimately obtained parameter string is decoded after being arrayed with an inherent spacing of 20 msec, arbitrary speed control in the increasing or decreasing direction may be realized easily. On the other hand, speed increase and decrease may be carried out by the same processing without transition points.
[0173] Thus the solid-recorded contents may be reproduced at a speed twice the real-time speed. Since the pitch and the phoneme remain unchanged despite increased playback speed, the solid-recorded contents may be heard if reproduction is performed at a higher speed. On the other hand, as for the speech codec, an ancillary operation, such as arithmetic operations after decoding and outputting, as required with the use of the CELP encoding, may be eliminated.
[0174] Although the modified encoding parameter calculating unit 3 is isolated with the above first embodiment from the decoding unit 6, the calculating unit 3 may also be provided in the decoding unit 6.
[0175] In calculating the parameters by the modified encoding parameter calculating unit 3 in the speech signal reproducing device 1, the interpolating operations on a m are executed on a vector-quantized value or on an inversevector-quantized value.
[0176] A speech signal transmitting device 50 for carrying out the speech signal transmitting method according to the present invention is explained. Referring to Fig.16 , the speech signal transmitting device 50 includes a transmitter 51 for splitting an input speech signal in terms of pre-set time-domain frames as units and encoding the input speech signal on the frame basis for finding encoding parameters, interpolating the encoding parameters to find modified encoding parameters and for transmitting the modified encoding parameters. The speech signal transmitting device 50 also includes a receiver 56 for receiving the modified encoding parameters and for synthesizing the sine wave and the noise.
[0177] That is, the transmitter 51 includes an encoder 53 for splitting the input speech signal in terms of pre-set timedomain frames as units and encoding the input speech signal on the frame basis for extracting encoding parameters, an interpolator 54 for interpolating the encoding parameters for finding the modified encoding parameters, and a transmitting unit 55 for transmitting the modified encoding parameters. The receiver 56 includes a receiving unit 57, an interpolator 58 for interpolator 58 for interpolating the modified encoding parameters, and a decoding unit 59 for synthesizing the sine wave and the noise based upon the interpolated parameters for outputting the synthesized speech signals at an output terminal 60.
[0178] The basic operation of the encoding unit 53 and the decoding unit 59 is the same as that of the speech signal reproducing device 1 and hence the detailed description thereof is omitted for simplicity.
[0179] The operation of the transmitter 51 is explained by referring to the flowchart of Fig.17 in which the encoding operation by the encoding unit 53 and the interpolation by the interpolator 54 are collectively shown.
[0180] The encoding unit 53 extracts the encoding parameters made up of LSP, pitch Pch, V/UV and am at steps S31 and S33. In particular, LSP is interpolated and rearranged by the interpolator 54 at step S31 and quantized at step S32, while the pitch Pch, V/UV and am are interpolated and rearranged at step S34 and quantized at step S35. These quantized data are transmitted via the transmitter 55 to the receiver 56.
[0181] The quantized data received via the receiving unit 57 at the receiver 56 is fed to the interpolating unit 58 where the parameters are interpolated and rearranged at step S36. The data are synthesized at step S37 by the decoding unit 59.
[0182] Thus, for increasing the speed by time-axis compression, the speech signal transmitting device 50 interpolates parameters and modifies the parameter frame interval at the time of transmission. Meanwhile, since the reproduction is performed during reception by finding the parameters at the fixed frame interval, such as 20 msecs, the speed control algorithm may be directly employed for bit rate conversion.
[0183] That is, it is assumed that, if the parameter interpolation is employed for speed control, the parameter interpolation is carried out within the decoder. However, if this processing is carried out within the encoder such that timeaxis compressed (decimated) data is encoded and time-axis expanded (interpolated) by the decoder, the transmission bit rate may be adjusted at the spd ratio.
[0184] If the transmission rate is e.g., 1.975 kbps and encoding is performed at the double speed by setting so that spd=0.5, since encoding is carried out at a speed of 5 seconds instead of at the inherent speed of 10 seconds, the transmission rate becomes 1.975ϫ0.5 kbps.
[0185] Also, the encoding parameters obtained at the encoding unit 53, shown at A in Fig.18 , is interpolated and rearranged by the interpolator 54 at an arbitrary interval of e.g., 30 msecs, as shown at B in Fig.18 . The encoding parameters are interpolated and re-arranged at the interpolator 58 of the receiver 56 to 20 msec as shown at C in Fig.  18 and synthesized by the decoding unit 59.
[0186] If a similar scheme is provided within the decoder, it is possible to restore the speed to an original value, while it is also possible to hear the speech sound at the high or low speed. That is, the speed control can be used as variable 
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Procédé pour reproduire un signal de parole d'entrée selon la revendication 1, dans lequel le signal de parole modifié est produit en synthétisant au moins des ondes sinusoïdales conformément aux paramètres de codage modifiés.
3. Procédé pour reproduire un signal de parole d'entrée selon la revendication 1 ou 2, dans lequel la période de paramètre est modifiée en comprimant ou en décomprimant les paramètres avant ou après l'interpolation.
4.
Procédé pour reproduire un signal de parole d'entrée selon la revendication 1, 2 ou 3, dans lequel l'interpolation desdits paramètres de codage est réalisée au moyen d'une interpolation linéaire de paramètres appariés spectraux linéaires, d'une hauteur de son et d'une enveloppe spectrale résiduelle comme contenu dans les paramètres de codage.
5.
Procédé pour reproduire un signal de parole d'entrée selon la revendication 1, 2, 3 ou 4, dans lequel les paramètres de codage qui sont utilisés sont des paramètres qui sont déterminés en représentant des résidus de prédiction de court terme du signal de parole d'entrée en tant qu'onde sinusoïdale synthétisée et en tant que bruit et en codant l'information spectrale de fréquence de chaque élément pris parmi l'onde sinusoïdale synthétisée et le bruit.
6. Appareil pour reproduire un signal de parole dans lequel un signal de parole d'entrée est régénéré sur la base de paramètres de codage qui sont déterminés en divisant le signal de parole d'entrée selon des trames qui présentent une longueur prédéterminée sur l'axe des temps et en codant le signal de parole d'entrée sur la base trame, comprenant :
un moyen d'interpolation pour interpoler les paramètres de codage afin de déterminer des paramètres de codage modifiés associés à des points temporel souhaités ; et un moyen de génération de signal de parole pour générer un signal de parole modifié différent du point de vue du rythme du signal de parole d'entrée sur la base des paramètres de codage modifiés. 8. Appareil de génération de signal de parole selon la revendication 6 ou 7, comprenant en outre un moyen de modification de période en amont ou en aval dudit moyen d'interpolation pour comprimer ou décomprimer les paramètres afin de modifier les périodes de paramètre.
9. Appareil de génération de signal de parole selon la revendication 6, 7 ou 8, dans lequel ledit moyen d'interpolation sert à réaliser une interpolation linéaire sur des paramètres appariés spectraux linéaires, une hauteur de son et une enveloppe spectrale résiduelle comme contenu dans les paramètres de codage.
10. Appareil de génération de signal de parole selon la revendication 6, 7, 8 ou 9, dans lequel les paramètres de codage qui sont utilisés sont des paramètres qui sont déterminés en représentant des résidus de prédiction de court terme du signal de parole d'entrée en tant qu'onde sinusoïdale synthétisée et en tant que bruit et en codant l'information spectrale de fréquence de chaque élément pris parmi l'onde sinusoïdale synthétisée et le bruit.
11. Procédé pour transmettre des signaux de parole comprenant les étapes de : détermination de paramètres de codage en divisant un signal de parole d'entrée selon des trames qui pré-sentent une longueur prédéterminée sur l'axe des temps et en codant le signal de parole d'entrée sur la base trame ; interpolation des paramètres de codage afin de déterminer des paramètres modifiés associés à un point temporel souhaité ; et transmission des paramètres de codage modifiés.
12.
Procédé pour transmettre le signal de parole d'entrée selon la revendication 11, dans lequel les paramètres de codage utilisés sont des paramètres déterminés en représentant des résidus de prédiction de court terme du signal
